US009426566B2

a2z United States Patent (10) Patent No.: US 9,426,566 B2
Takahashi 45) Date of Patent: Aug. 23,2016
(54) APPARATUS AND METHOD FOR 8,503,697 B2 82013 Amada
SUPPRESSING NOISE FROM VOICE SIGNAL 8,755,546 B2*  6/2014 Terada ............ HO4R 25/407
367/119
g&?gﬁ%%%g#ég;;??};?ﬁ&gggﬁ 8,949,120 B1* 2/2015 Every ....c........ G10L 21/0208
381/71.1
COHERENCE 2003/0022217 Al* 12003 Ceccardi ................ CO7K 14/47
(75) Inventor: Katsuyuki Takahashi, Tokyo (IP) Continued 435/6.16
t
(73) Assignee: OKi Electric Industry Co., Ltd., Tokyo (Continued)
(P) FOREIGN PATENT DOCUMENTS
(*) Notice: Subject to any disclaimer, the term of this P 5002204493 A 212002
%atselg ils 52?12?1?270; dz(;fsumd under 35 p 2008311866 A 12/2008
o . Continued
(21) Appl. No.: 13/597,820 ¢ )
(22) Filed: Aug. 29,2012 OTHER PUBLICATIONS
(65) Prior Publication Data Liuet al., “A two-microphone dual delay-line approach for extraction
US 2013/0066628 A1 Mar. 14. 2013 of a speech sound in the presence of multiple interferers,” Beckman
ar. 14, Institute for Advanced Science and Technology, University of Illinois
(30) Foreign Application Priority Data at Urbana-Champaign, J. Acoustic Society Am., vol. 110, No. 6, Dec.
2001.*
s l?ep.I lt2,C2i)l 1T (P i 2011-198728 (Continued)
nt. CL.
g;zi ;Zzg 88};88 Primary Examiner — Richemond Dorvil
' Assistant Examiner — Thuykhanh Le
HO4R 3/00 (2006.01) Y ]
(52) US.CL (74) Attorney, Agent, or Firm — Rabin & Berdo, P.C.
CPC i HO04R 3/005 (2013.01)
(58) Field of Classification Search 7 ABSTRACT
None A voice signal processor detects background noise sections to
See application file for complete search history. reflect characteristics of the background noise on the Wiener
filter coefficient to be used for suppressing noise components
(56) References Cited of input voice signals. In the voice signal processor, directiv-

U.S. PATENT DOCUMENTS

ity signal generators form directivity signals having a direc-
tivity pattern. The directivity signals are used by a coherence
calculator to obtain coherence, which is in turn used by a

5,209,237 A *  5/1993 R« thal ............ GO6K 9/0051 R R .
T osentia 367/45 targeted voice section detector to detect a targeted voice sec-
5,337,180 A * 81994 Woods ...ocooovveven.. GO02B 27/46 tion. A background noise section detector detects background
359/299 noise sections containing no voice signal. When a back-
6,446,008 B1*  9/2002 Ozbek ......oocvvvvvcrnnss GOLV 1/ 3/64 ground noise section is detected, a WF adapter uses charac-
8363.850 B2* 12013 Amada GIOL ?8/7032 teristics of background noise in the detected temporal section
T T T e 381/92 to calculate a new WF coefficient.
8,503,695 B2* 8/2013 Chilakapati ......... HO3M 1/1019
341/118 12 Claims, 9 Drawing Sheets
m_1 1
- 19
s1(n) qln)
y(n)
s2(n 18
2 17
m- P WEGOEFREK) [ T30
500
COHERENCE (~20
DIFFERENCE
GALCULATOR
1
X1EK < TARGETED
FET ) DIRCCTIONALIBI(EK) | cOHERENGE | | | VOIGE GAIN
PROGESSOR L GEN B CALCULATOR) / SECTION CONT| V5_GAIN(K)
X2(FK) DETECTOR
I 12 coHr I
DIRECTIONAL
SIGNAL B2(fK)
GEN #2




US 9,426,566 B2

Page 2
(56) References Cited FOREIGN PATENT DOCUMENTS
U.S. PATENT DOCUMENTS Jp 2010-232717 A 10/2010
WO WO 2011-048813 Al 4/2011
2003/0147538 Al*  8/2003 Elko .....ccccoevennne HO4R 3/005
381/92
2004/0054528 Al* 3/2004 Hoya .............. GO6K 9/0051
4 704/211 OTHER PUBLICATIONS
2005/0060142 A1*  3/2005 Visser ............. G10L 21/0208
704/201 Laska, B.N.M.; Bolic, M.; Goubran, R.A., “Coherence-assisted
2006/0020454 AL*  1/2006 Gerber ................. H04R7§i; g;;‘ Wiener filter binaural speech enhancement,” Instrumentation and
2007/0033020 Al*  2/2007 Francois ............ G101, 21/0208 Measurement Technology Conference (IzMTC), 2010 IEEE , vol.,
704/226 No., pp. 876,881, May 3-6, 2010.*
N .
2007/0201588 Al §/2007 Loiseau ............. H04;37ég42‘2 B. N. M. Laska, M. Bolié and R. A. Goubran, “Coherence-assisted
2008/0159559 AL*  7/2008 AKagi ....ooo...... G10L 21/0208 Wiener filter binaural speech enhancement,” Instrumentation a.nd
381/92 Measurement Technology Conference (I2MTC), 2010 IEEE, Austin,
2009/0012783 Al* 1/2009 Klein .................. G10L 21/0208 TX, 2010, pp. 876-881.*
. 704/226 Klaus Uwe Simmer, Sven Fischer, Alexander Wasiljeff, “Suppres-
2009/0060222 Al 3/2009 Jeong ..o H04R3 51§/1 igg sion of coherent and incoherent noise using a microphone array,”
R 40 *
2009/0175466 Al*  7/2009 Elko ... . ... HO4R 3/005 AnnaleS_ Des Telecommunw_atlns, Jul. 1994, 49 43_9.
381/94.2 Chen Liu et al., “A two-microphone dual delay-line approach for
2010/0246844 Al* 9/2010 Wolff ........ccocoovveen. G10L 21/02 extraction of a speech sound in the presence of multiple interferers,”
] 381/66 Beckman Institute for Advanced Science and Technoloty, University
20110264447 Al* 10/2011 Visser ..o, G107I~03‘?2/(7)§ of Illinois at Urbana-Champaign, Urbana, Illinois 61801, J. Acoust.
Soc. Am., vol. 110, No. 6, Dec. 2001.*
2011/0305345 Al* 12/2011 Bouchard ........ G10L 21/0208 06 AL VoL 120 R0- By 6 ST
381/23.1 Japanese Office Action with translation dated Jan. 20, 2015.
2013/0054231 Al*  2/2013 Jeub .......ccccenee HO4R 3/005 ) )
704/226 * cited by examiner



US 9,426,566 B2

Sheet 1 of 9

Aug. 23, 2016

U.S. Patent

Z# N3O [<
, TVYNDIS
P28 |qyNoILOTMIA |«
Gl vl _ el ~ ol
N N MHHOD N ¢l N
) ¥o15313d < BN E2:8
GONIVO'SA [INOD| | NOLLD3S HOLVINOTVO | .sz%m mommuowm_m
NIVD [ J0I0A JONFHIHOD [y 1 g
QILIOHY ] MHLE|qyNoLLOIHIa <X
-~ [\
Ll
HOL1VINOTVO
JONIYI4Id
02~ JONIHIHOD
ey v
0g~] dFLdvav M OIH9300 4M 1~ T
g| ~|0SS3O0Nd
1441
(WA y
MW; (wb
61 T




US 9,426,566 B2

Sheet 2 of 9

Aug. 23, 2016

U.S. Patent

FIG. 2

y(n)

FIG. 3




US 9,426,566 B2

Sheet 3 of 9

Aug. 23, 2016

U.S. Patent

FIG. 4

5

FIG.




U.S. Patent Aug. 23,2016 Sheet 4 of 9 US 9,426,566 B2

FIG. 6
l 20
COHERENCE RECEIVER —~—21

)

COHERENGCE LONG-TERM 29
AVERAGE CALCULATOR

\
COHERENGCE SUBTRACTOR [~23

\
COHERENCE DIFFERENCE

SENDER 24
FIG. 7
30
lCOH, ) =
COHERENGE DIFFERENGE |
RECEIVER

Y

BACKGROUND NOISE L _39
SECTION DETERMINER

Y
WF COEF ADAPTER —~33

Y
WF COEF SENDER —~34

lWF_COEF




U.S. Patent Aug. 23,2016 Sheet 5 of 9 US 9,426,566 B2

FIG. 8

UNTARGETED VOIGE SECTION ?

AVE_COH(K)= x COH(K)+(1- 3 ) X AVE_COH(K-1) —~—S201

Y
S (K)=AVE_COH(K)-COH(K) —~S202
v
K++ —~S203
FIG. 9

COH(K), 6 (K) ~—S250

COH(K)X©

0
AND 8 (KD 7 >0

YES S252 S253
~ Y ~
ADAPT WF NOT ADAPT WF

a I
-

Y
WF_COEF ~S254




U.S. Patent Aug. 23,2016 Sheet 6 of 9 US 9,426,566 B2

FIG. 10

lCOH,6 S0A

COHERENCE DIFFERENCE

31~ RECEIVER

A

32—~ BACKGROUND NOISE
SECTION DETERMINER

35
/ Y -

33A—~ WF COEF ADAPTER COEF ADAPTATION RATE CONT

/
34—~ WF COEF SENDER

l WF_COEF

FIG. 11

S300

BACKGROUND
NOISE SECTION ?

NO

YES  S301

S304
y ~

INCREASE A DECREASE 4
B !




US 9,426,566 B2

Sheet 7 of 9

Aug. 23, 2016

U.S. Patent

Z# NID [<
; TVYNDIS
28| |qvNoiLoTMIa
Gl yl . el — ol
) ) OIHHOD ) 71 | )
) H0.10313d x < 4 NIE X
OINIVDSA | INOO| | NOILD3S HOLVINDTVD | A mOmmmommm_
NIVD [ JDI0A JONFIIHOO [Ty 1 g -
) GI3)18| TYNOLLOFAI (<4 —rrs
— A
R 1 S _
HOLYINOTVO | i
JONIYIH4IA “ . > |
0Z2—~{ 3IDONIYIAHOD | 94900 _
I o) 4
Oh ey MHY
o] FILAVAY M s oo TIM > o
a/ll
g||H0SSFO0Nd
1441
(WA
0 WA mcvc
¢l OI4




US 9,426,566 B2

Sheet 8 of 9

Aug. 23, 2016

U.S. Patent

21— 2# NID[<
_ TYNDIS
mN_ J_ ()HOD mwﬁ M9ed]  [qvnolLo3dIa
_ 40103130 X < # NID
ODNIVO'SA | INOD|_ | NOILO3S|, HOLVINOTVO |, oNB
NIVD J0I0A FONIHIHOO [y 1 g
e N1 yNOLLOTIIA (<o
—7
R oL
M9ZX
16— £4 N3O [<>—o-
HOLVINOTVO : TYNDIS H0sS300dd
EONEIEEE| (¢ OI9)€8 [TvNOILOIYIA [« 5
0z~ FONIHIHOO _ X orIxXL
05-7  y3onaay eG—N
ey | AONINOIA L
Y
0g~] HHVAY M oo Im =X
971 MHd
g|~|H0SSI00Ud
1441
(WAy
Mw; (u)b —
ol
6l



US 9,426,566 B2

Sheet 9 of 9

Aug. 23, 2016

U.S. Patent

FIG. 14




US 9,426,566 B2

1

APPARATUS AND METHOD FOR
SUPPRESSING NOISE FROM VOICE SIGNAL
BY ADAPTIVELY UPDATING WIENER
FILTER COEFFICIENT BY MEANS OF
COHERENCE

BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention relates to an apparatus and a method
for processing voice signals, and more particularly to such an
apparatus and a method applicable to, for example, telecom-
munications devices and software treating voice signals for
use in, e.g. telephones or teleconference systems.

2. Description of the Background Art

As a noise suppression scheme, available is the voice
switch, which is based upon a targeted voice section detection
in which from input signals temporal sections are determined
in which a targeted speaker is talking, i.e. “targeted voice
sections”, to output signals in targeted voice sections as they
are while attenuating signals in temporal sections other than
targeted voice sections, i.e. “untargeted voice sections”. For
example, when an input signal is received, a decision is made
on whether or not the signal is in a targeted voice section. If
the input signal is in a targeted voice section, then the gain of
the voice section, or targeted voice section, is set to 1.0.
Otherwise, the gain is set to an arbitrary positive value less
than 1.0 to amplify the input signal with the gain to thereby
attenuate the latter to develop a corresponding output signal.

As another noise suppression scheme, the Wiener filter
approach is available, which is disclosed in U.S. patent appli-
cation publication No. US 2009/0012783 Al to Klein.
According to Klein, background noise components contained
in input signals are suppressed by determining untargeted
voice sections, from which noise characteristics are estimated
for the respective frequencies to calculate, or estimate,
Wiener filter coefficients based on the noise characteristics to
multiply the input signal by the Wiener filter coefficients.

The voice switch and the Wiener filter can be applied to a
voice signal processor for use in, e.g. a video conference
system or a mobile phone system, to suppress noise to
enhance the quality of voice communication.

In order to apply the voice switch and the Wiener filter, it is
necessary to distinguish targeted voice sections from untar-
geted voice sections, which may include “disturbing voice”
uttered by a person other than the targeted speaker and/or
“background noise” such as office or street noises. To take an
example of distinction method available, the targeted/untar-
geted voice sections may be distinguished by means of a
property known as coherence. In the context, coherence may
be defined as a physical quantity depending upon an arrival
direction in which an input signal is received. In an applica-
tion of cellular phones, for example, targeted voices are dis-
tinguishable from untargeted voices in arrival directions so
that the targeted voice, or speech sound, arrives from the front
of a cellular phone set whereas among untargeted voice dis-
turbing voice tends to arrive in directions other than the front
and background noise is not distinctive in arrival direction.
Accordingly, targeted voices can be discriminated from
untargeted voices by focusing on the arrival directions
thereof.

It will now briefly be described why coherence may be
used in order to discriminate targeted voice sections from
untargeted voice sections. In a normal detection of targeted
voice sections, targeted voice sections may be discriminated
from untargeted voice sections based on fluctuation in level of
aninput signal. In this method, it is impossible to discriminate
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2

between disturbing voice and targeted voice and, therefore,
disturbing voice cannot be suppressed by the voice switch.
Thus, the untargeted voice suppression will be insufficient.
By contrast, in a detection relying on coherence, discrimina-
tion is made using the arrival directions of input signals.
Hence, it is possible to discriminate between targeted and
disturbing voices which arrive from the directions distinctive
from each other. The untargeted voice suppression can effec-
tively be attained by means of the voice switch.

When using the voice switch together with the Wiener
filter, more effective noise suppression could be attained than
where both measures are used separately since the voice
switch effectively suppresses untargeted voice sections and
simultaneously the Wiener filter effectively suppresses noise
components involved in targeted voice sections.

Although the voice switch and the Wiener filter are classi-
fied into a noise suppressing technique, they are different in
noise sections to be detected for the purpose of optimal opera-
tion. It is sufficient for the voice switch to have the capability
of detecting untargeted voice sections which contain either or
both of disturbing voice and background noise. By contrast,
the Wiener filter has to detect temporal sections only contain-
ing background noise, or “background noise sections”,
among untargeted voice sections. Because, if a filter coeffi-
cient were adapted in a disturbing voice section, then the
character of “voice” that disturbing voice contains would also
be reflected on a Wiener filter coefficient which should have
been applied to noise, thus causing even voice components
targeted voice contains to be suppressed so as to deteriorate
the sound quality.

As described so far, when the voice switch and Wiener filter
are used in combination, their respectively optimal temporal
sections would have to be detected. In spite of this, in the prior
art, the same reference was applied between the voice switch
and the Wiener filter for detecting untargeted voice sections,
raising a problem that a Wiener filter coefficient reflected
form the characteristics of disturbing voice may deteriorate
targeted voice.

This problem could be solved by using plural schemes in
parallel which are respectively appropriate for a voice switch
and a Wiener filter for detecting untargeted voice sections to
thereby detect appropriate temporal sections. In this case, the
amount of computation would be increased. In addition,
adjustment would have to be made on plural parameters
behaving differently from each other, raising a further prob-
lem that the user of the system would further be burdened with
computation.

SUMMARY OF THE INVENTION

It is an object of the present invention to provide an appa-
ratus and a method for processing voice signals by appropri-
ately using coherence obtained from background noise sec-
tions to adaptively update a Wiener filter coefficient in higher
accuracy without extensively burdening the user, thus being
improved in sound quality.

In accordance with the present invention, an apparatus for
suppressing a noise component of an input voice signal com-
prises: a first directivity signal generator calculating a differ-
ence in arrival time between input voice signals to form a first
directivity signal having a directivity pattern substantially
being null in a first direction; a second directivity signal
generator calculating a difference in arrival time between the
input voice signals to form a second directivity signal having
a directivity pattern substantially being null in a second direc-
tion; a coherence calculator using the first and second direc-
tivity signals to obtain coherence; a targeted voice section
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detector making a decision based on the coherence on
whether the input voice signal is in a targeted voice section
including a voice signal arriving from a targeted direction or
in an untargeted voice section including a voice signal arriv-
ing from an untargeted direction different from the targeted
direction; a coherence behavior calculator obtaining informa-
tion on a difference of an instantaneous value of the coherence
from an average value of the coherence; a Wiener filter (WF)
adapter comparing difference information obtained in the
coherence behavior calculator with a predetermined thresh-
old value to determine a temporal section in the untargeted
voice section as a background noise section including a signal
of background noise substantially containing no disturbing
voice signal, the WF adapter using, when the temporal section
currently determined is a background noise section, signal
characteristics of the signal in the background noise sectionto
calculate a new WF coefficient; and a WF coefficient multi-
plier multiplying the input voice signal by the WF coefficient
from the WF adapter.

In accordance with an aspect of the present invention, a
method for suppressing a noise component of an input voice
signal by a voice signal processor comprises: calculating by a
signal generator a difference in arrival time between input
voice signals to form a first directivity signal having a direc-
tivity pattern substantially being null in a first direction; cal-
culating by the signal generator a difference in arrival time
between input voice signals to form a second directivity sig-
nal having a directivity pattern substantially being null in a
second direction; using the first and second directivity signals
by a coherence calculator to calculate coherence; making by
a target voice section detector a decision based on the coher-
ence on whether the input voice signal is in a temporal section
of a targeted voice signal arriving from a targeted direction at
a targeted direction or in an untargeted voice section at an
untargeted direction; obtaining difference information on a
difference of an instantaneous value of the coherence from an
average value of the coherence by a coherence behavior cal-
culator; comparing by a Wiener filter (WF) adapter the dif-
ference information with a predetermined threshold value to
detect a background noise section from an untargeted voice
section to determine a temporal section in the untargeted
voice section as a background noise section including a signal
of'background noise substantially containing no voice signal,
and using, when the temporal section currently checked is a
background noise section, signal characteristics of the signal
in the background noise section to calculate a new WF coet-
ficient; updating the WF coefficient when the new WF coet-
ficient is obtained; and multiplying the input voice signal by
the WF coefficient by a WF coefficient multiplier.

In accordance with another aspect of the invention, there is
provided a non-transitory computer-readable medium on
which is stored a program for having a computer operate as a
voice signal processor, wherein the program, when running
on the computer, controls the computer to function as the
apparatus for suppressing a noise component of an input
voice signal described above.

According to the present invention, the apparatus and
method for processing voice signals are improved in sound
quality by using coherence in detecting background noise
with higher accuracy in adaptively updating a Wiener filter
coefficient without excessively burdening the user.

BRIEF DESCRIPTION OF THE DRAWINGS

The objects and features of the present invention will
become more apparent from consideration of the following
detailed description taken in conjunction with the accompa-
nying drawings in which:
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4

FIG. 1 is a schematic block diagram showing the configu-
ration of a voice signal processor according to an illustrative
embodiment of the present invention;

FIG. 2 is a schematic block diagram useful for understand-
ing a difference in arrival time of two input signals arriving at
microphones in a direction at an angle of 6;

FIG. 3 shows a directivity pattern caused by a directional
signal generator shown in FIG. 1;

FIGS. 4 and 5 show directivity patterns exhibited by two
directional signal generators shown in FIG. 1 when 6 is equal
to 90 degree;

FIG. 6 is a schematic block diagram of a coherence differ-
ence calculator of the voice signal processor shown in FIG. 1;

FIG. 7 is a schematic block diagram of a Wiener filter (WF)
adapter of the voice signal processor shown in FIG. 1;

FIG. 8 is a flowchart useful for understanding the operation
of the coherence difference calculator of the voice signal
processor shown in FIG. 1;

FIG. 9 is a flowchart useful for understanding the operation
of'the WF adapter of the voice signal processor shown in FIG.
1

FIG. 10 is a schematic block diagram showing the configu-
ration of a WF adapter according to an alternative embodi-
ment of the present invention;

FIG. 11 is a flowchart useful for understanding the opera-
tion of a coefficient adaptation control portion of the WF
adapter shown in FIG. 10;

FIGS. 12 and 13 are schematic block diagrams showing the
configuration of voice signal processors according to other
alternative embodiments of the present invention; and

FIG. 14 shows a directivity pattern caused by a third direc-
tional signal generator shown in FIG. 13.

DESCRIPTION OF THE PREFERRED
EMBODIMENTS

Now, with reference to the accompanying drawings,
referred embodiments in accordance with the present inven-
tion will be described below. Since the drawings are merely
for illustration, the present invention is not to be restricted by
what are specifically shown in the drawings.

FIG. 1 is a schematic block diagram showing the configu-
ration of a voice signal processor, generally 1, in accordance
with an illustrative embodiment of the present invention,
where temporal sections optimal for a voice switch and a
Wiener filter are detected only based on behaviors intrinsic to
coherence without employing plural types of schemes for
detecting voice sections and without extensively burdening
the user of the system. Although the constituent elements
expect a pair of microphones m_1 and m_2 may be imple-
mented in place of, or addition to, hardware in the form of
software to be stored in and run on a processor system includ-
ing a central processing unit (CPU), they may be represented
in the form of functional boxes as shown in FIG. 1.

In FIG. 1, the voice signal processor 1 according to the
embodiment may be applied to, for example, a video confer-
ence or cellular phone system, particularly to its terminal set
or handset. The voice signal processor 1 comprises micro-
phones m_1 and m_2, a fast Fourier transform (FFT) proces-
sor 10, a first and a second directional signal generator 11 and
12, a coherence calculator 13, a targeted voice section detec-
tor 14, a gain controller 15, a Wiener filter (WF) adapter 30, a
WF coefficient multiplier 17, an inverse fast Fourier trans-
form (IFFT) processor 18, a voice switch (VS) gain multiplier
19, and a coherence difference calculator 20, which are inter-
connected as depicted.
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The microphones m_1 and m_2 are adapted to stereo-
phonically catch sound therearound to produce correspond-
ing input signals s1(z) and s2(») to the FFT processor 10,
respectively, via analog-to-digital (A/D) converters, not
shown. Note that the index n is a positive integer indicating
the temporal order in which samples of sound signals are
entered. In the present specification, a smaller n indicates an
older sample and vice versa.

The FFT processor 10 is connected to receive strings of
input signal s1 and s2 from the microphones m_1 and m_2,
and subjects the strings of input signal s1 and s2 to a discrete
Fourier transform, i.e. fast Fourier transform with the
embodiment. Consequently, the input signals s1 and s2 will
be represented in the frequency domain. Before applying the
fast Fourier transform, analysis frames FRAME 1(K) and
FRAME 2(K) are made from the input signals s1 and s2. Each
of the frames is consisted of N samples, where N is a natural
number. An example of FRAME 1 made from the input signal
s1 can be represented as a set of input signals by the following
expressions, where the index K is a positive integer indicating
the order in which frames are arranged.

FRAME 1(1) = {s1(1), 51(2), ..., s1(D), ..., sSL(N)}

FRAME 1(K) =

{SUNXK+ 1), sSINXK+2), ..., sSLINXK +1), ..., S{HUN XK + N)}

In the present specification, a smaller K indicates an older
analysis frame and vice versa. In the following description of
operation, it will be assumed that an index indicating the
newest analysis frame to be analyzed is K unless otherwise
stated.

Inthe FFT processor 10, each analysis frame is subjected to
the fast Fourier transform. Thus, frequency-domain signals
X1(f, K) and X2(f, K) obtained by subjecting the Fourier
transform to the analysis frames FRAME1(K) and FRAME2
(K), respectively, are supplied to the first and second direc-
tional signal generators 11 and 12, where an index f indicates
frequency. Additionally, the signal X1(f, K) does not take a
single value but is composed of spectral components of plural
frequencies f1-fim as given by the following expression:

X1{K={X1(1,K), X1(2,K) ..., X1(i,K), .. .,
X1(finK)}

Also, the signals X2(f, K) as well as B1(f, K) and B2(f, K)
appearing in the rear stage of a directional signal generator are
composed of spectral components of plural frequencies.

The first directional signal generator 11 functions as
obtaining a signal B1(f, K) having its directivity specifically
strongest in the rightward direction (R) defined by the follow-
ing Expression (1):

M

2rn f S
BI(f)=X2(f)- Xl(f)xexp[— N T]
where S is the sampling frequency, N is an FFT analysis frame
length, T is the difference in time between a couple of micro-
phones when catching a sound wave, and i is the imaginary
unit.
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6

The second directional signal generator 12 functions as
obtaining a signal B2(f, K) having its directivity strongest in
the leftward direction (L) defined by the following Expres-
sion (2):

@

_ianS]

BZ(f):Xl(f)—XZ(f)Xexp[ N T

The signals B1(f, K) and B2(f, K) are represented in the
form of complex numbers. Since the frame index K is inde-
pendent of calculations, it is not included in the computa-
tional expressions.

With reference to FIGS. 2 to 5, it will be described how
those expressions mean with the Expression (1) taken as an
example. It is assumed that sound waves arrive from a direc-
tion at an angle of 0 indicated in FIG. 2 with respect to a
reference direction and are picked up by the pair of micro-
phones m_1and m_2 spaced apart by a distance of1from each
other. In this case, there is a time difference between the
instants at which the sound waves are captured by the micro-
phones m_1 and m_2. Since the sound wave path difference d
may be expressed by d=lxsin 0, the time difference T is given
by the following Expression (3), where c is the sound velocity.

T=Ixsin 0/c

®

When a signal s1(n-T) represents a signal caught by the
microphone m_1 earlier by a period of time T than the time at
which the input signal s2(») is caught by the microphone
m_2, the signal s1(»-7) and the input signal s2(z) comprise
the same sound component arriving from the direction at the
angle of 0. Therefore, calculation of a difference between
them will make it possible to obtain a signal which does not
include the sound component in the direction at the angle of 6.
The signal obtained by finding the difference between the
signals of s2(#) and s1(z-7) will now be referred to as a signal
y(n), i.e. y(n)=s2(n)-sl(n-7). As a result, the microphone
array, m_1 and m_2, has its directivity pattern shown in FIG.
3, in this example.

The description has been provided so far on calculations in
the time domain. Similar calculations may be performed in
the frequency domain. In the frequency domain calculation,
the Expressions (1) and (2) are applied. As an example, it is
assumed that angles 0 of the directions in which signals arrive
are 90 degrees. Specifically, as shown in FIG. 4, the first
directional signal generator 11 obtains the directivity signal
B1(f, K) which has its directivity strongest in the rightward
direction. Further, as shown in FIG. 5, the second directional
signal generator 12 obtains the second directivity signal B2(f,
K) which has its directivity strongest in the leftward direction.

The coherence calculator 13 is adapted to perform calcu-
lations according to the following Expressions (4) and (5) on
the directivity signals B1(f, K) and B2(f, K) to thereby obtain
coherence COH(K). In Expression (4), B2(f, K)* is a com-
plex conjugate to B2(f, K). Since the frame index K is again
not dependent upon calculations, the index does not appear in
those expressions.

BI(f)-B2(f)"
couf) = VPP

SUBLAP +1BAN P

@)



US 9,426,566 B2

7
-continued
M-1 [©)]
COH = Z coef (F UM
F=0

In the targeted voice section detector 14, the coherence
COH (K) is compared with a targeted voice section decision
threshold value ©. If the coherence is greater than the thresh-
old value O, it is determined that the temporal section is a
targeted voice section. Otherwise, it is determined that the
temporal section is an untargeted voice section.

Now, it will briefly be described why a targeted voice
section is detected depending on the magnitude of coherence.
The concept of coherence can be described as a correlation
between a signal incoming from the right and a signal incom-
ing from the left with respect to a microphone. Expression (4)
is for use in calculating the correlation for a frequency com-
ponent. Expression (5) is used to calculate the average of
correlation values over the entire frequency components.
Accordingly, when coherence COH is smaller, the correlation
between the two directivity signals B1 and B2 is smaller.
Conversely, when coherence COH is larger, the correlation is
larger. When the input signals have the correlation thereof
smallest, their directions of arrival are extreme right or left
with respect to the microphone, or the input signals are small
in periodicity as with noises even though the arrival directions
are not in directions other than the front (F) of the micro-
phone. Therefore, it can be said that a temporal section where
the value of coherence COH of the input signals is smaller
may be deemed as a disturbing voice or a background noise
section, i.e. an untargeted voice section. By contrast, a tem-
poral section where the value of coherence COH of the input
signals is larger, the directions of arrival are not in directions
other than the front, and hence it can be said that the input
signals arrive from the front. Under those circumstances,
since it is assumed that the targeted voice arrives from the
front of the microphone, it can be said that the section where
the coherence COH of the input signals is larger is a targeted
voice section.

In a gain controller 15, if the temporal section is a targeted
voice section, the gain VS_GAIN of the voice section is set to
1.0. If the temporal section is an untargeted voice section, the
gain VS_GAIN is set to an arbitrary positive value cc less than
1.0.

The coherence difference calculator 20 calculates the dif-
ference 9(K) between an instantaneous value COH(K) of
coherence in an untargeted voice section and the long-term
average value AVE_COH (K) of coherence settled in the
calculator 20. The WF adapter 30 of the embodiment is
adapted for detecting background noise sections, and using
the difference 8(K) and the instantaneous value COH(K) of
the coherence to calculate a new Weiner filter coefficient to
deliver the new WF_COEF({, K) to the WF coefficient mul-
tiplier 17.

The background noise sections will be detected by means
of the features of coherence, as will be described below. In a
targeted voice section, coherence generally exhibits larger
values, and targeted voice greatly fluctuates in amplitude, i.e.
involves larger and smaller amplitude components. By con-
trast, in an untargeted voice section, the value is generally
smaller and fluctuates only a little. Furthermore, even in the
untargeted voice sections, coherence varies in a limited range.
In a temporal section where the waveform such as disturbing
voice includes a clear periodicity, such as pitch of speech, a
correlation tends to appear and coherence is relatively larger.
In a temporal section having its regularity smaller, coherence
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shows especially smaller values. It can be said that a temporal
section having its periodicity smaller is a background noise
section.

FIG. 6 is a schematic block diagram particularly showing
the configuration of the coherence difference calculator 20.
As shown in the figure, the coherence difference calculator 20
has a coherence receiver 21, a coherence long-term average
calculator 22, a coherence subtractor 23, and a coherence
difference sender 24, which are interconnected as depicted.

The coherence receiver 21 is connected to receive the
coherence COH(K) computed by the coherence calculator
13. The targeted voice section detector 14 is adapted for
determining whether or not the coherence COH (K) of the
currently processed subject, e.g. frame, belongs to an untar-
geted voice section.

The coherence long-term average value calculator 22
serves as updating, if the currently processed signal belongs
to an untargeted voice section, the coherence long-term aver-
age AVE_COH (K) according to the following Expression

(©):

AVE_COH(K)=px COH(K)+(1-B)x AVE_COH(K-1) (6

where 0.0<f<1.0. It is to be noted that the expression for
calculating the coherence long-term average AVE_COH(K)
is not restricted to the Expression (6). Rather, other calcula-
tion expressions such as simple averaging of a given number
of sample values may be applied.

The coherence subtractor 23 serves to calculate the differ-
ence d(K) between the coherence long-term average AVE_
COH (K) and the coherence COH (K) according to the fol-
lowing Expression (7).

8(K)=AVE_COH(K)-COH(K) )

The coherence difference sender 24 supplies the WF adapter
30 with the obtained difference 6(K).

FIG. 7 is a schematic block diagram of the WF adapter 30
of'the embodiment, particularly showing the configuration of
the adapter 30. As seen from the figure, the WF adapter 30 has
a coherence difference receiver 31, a background noise sec-
tion determiner 32, a WF coefficient adapter 33, and a WF
coefficient sender 34, which are interconnected as illustrated.

The coherence difference receiver 31 is connected to
receive the coherence COH (K) and the coherence difference
d(K) from the coherence difference calculator 20.

The background noise section determiner 32 functions to
determine whether or not a temporal section is a background
noise section. If a background noise section has its coherence
COH(K) smaller than a threshold value © for a targeted voice
and the coherence difference 3(K) is smaller than a threshold
value ®(P<0.0) for a coherence difference, then the back-
ground noise section determiner 32 determines the temporal
section of interest is a background noise section.

If the result of the determination made by the background
noise section determiner 32 is that the temporal section under
determination is a background noise section, the WF coeffi-
cient adapter 33 then obtains the characteristic of background
noise based on the signals in this section determined as a noise
section and calculates a new Wiener filter coefficient. Other-
wise, the adapter 33 does not obtain a new Wiener filter
coefficient. The adapter 33 may obtain the characteristic of
the background noise according to a well-known method as
disclosed in Klein described earlier.

The WF coefficient sender 34 supplies the WF coefficient
multiplier 17 with the new Wiener filter coefficient obtained
by the WF coefficient adapter 33. In the following, the opera-
tion performed by the adapter 30 may be referred to as “adap-
tation operation.”
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When the WF coefficient multiplier 17 receives the Wiener
filter coefficient WF_COEF(f, K) from the WF adapter 30, it
updates the Wiener filter coefficient set in the multiplier 17. In
the WF coefficient multiplier 17, the FFT-transformed signal
X1(f, K) of the input signal string s1(») is multiplied by the
coefficient defined by the following Expression (8). Conse-
quently, obtained is a signal P(f, K) that is an input signal
whose background noise characteristics have been sup-
pressed.

P(,K)=X1(f,K)x WF_COEF(fK) (8)

The IFFT processor 18 converts the background noise sup-
pressed signal P(f, K) to a corresponding time-domain signal
string q(n), and then the VS gain multiplier multiplies the
signal string q(n) by the gain VS_GAIN (K) set by the gain
controller and defined by the following Expression (9). As a
result, an output signal y(n) is obtained.

y()=q(m)x VS_GAIN(K) ()]

Since the background noise characteristic is thus obtained
from the signals in the background noise section and the noise
characteristic is used to calculate the Wiener filter coefficient,
the Wiener filter coefficient is not reflected by the character-
istic of disturbing voice, and thus, deterioration of the tar-
geted voice can be prevented.

The operation of the voice signal processor 1 of the
embodiment will next be described with further reference to
FIGS. 8 and 9. The general operation, and detailed operation
of'the coherence difference calculator 20 and the WF adapter
30 will be described in turn.

Signals produced from the pair of microphones m_1 and
m_2 are transformed from the time domain into frequency-
domain signals X1(f, K) and X2(f, K) by the FFT processor
10. From the signals X1(f, K) and X2(f, K), directivity signals
B1(f, K) and B2(f, K) that have null in certain azimuthal
directions, or blind directions, are produced by the first and
second directional signal generators 11 and 12, respectively.
The signals B1(f, K) and B2(f, K) are used to calculate the
coherence COH(K) by means of Expressions (4) and (5).

The targeted voice section detector 14 makes a decision on
whether or not the temporal section the signals s1(») and s2(#)
belong to is a targeted voice section. Based on the result of the
decision made in the detector 14, the gain VS_GAIN(K) is set
in the gain controller 15.

The coherence difference calculator 20 calculates the dif-
ference 8(K) between the instantaneous value COH (K) of the
coherence in an untargeted voice section and the long-term
average value AVE_COH(K) of the coherence. In the WF
adapter 30, the coherence COH(K) and the difference 8(K)
are used to detect background noise sections. Then a noise
characteristic is newly obtained from the background noise
section to calculate a Wiener filter coefficient to send the latter
to the WF coeflicient multiplier 17 so as to update the Wiener
filter coefficient set in the multiplier 17. In the WF coefficient
multiplier 17, the input signal X1(f, K) in the frequency
domain is multiplied by the Wiener filter coefficient WF_CO-
EF(f, K). The resultant signal P(f, K), namely, the signal P(f,
K) suppressed by a Wiener filter technique, is converted to a
time-domain signal string q(n) by the IFFT processor 18. In
the VS gain multiplier 19, this signal q(n) is multiplied by the
gain VS_GAIN (K) set by the gain controller 15, thus pro-
ducing a resultant output signal y(n).

The operation of the coherence difference calculator 20
will be described. FIG. 8 is a flowchart for use in understand-
ing the operation of the coherence difference calculator 20.

When the coherence receiver 21 receives the coherence
COH(K), the receiver 21 references the targeted voice section
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detector 14 to determine whether or not the subject signal
belongs to an untargeted voice section (step S200). If the
subject signal is determined as an untargeted voice section,
then the coherence long-term average calculator 22 updates
the coherence long-term average AVE_COH(K) according to
Expression (6) (step S201). Thence, the coherence subtractor
23 subtracts the coherence COH(K) from the coherence long-
term average AVE_COH(K) according to Expression (7) to
thereby obtain the difference 6(K) (step S202). The obtained
coherence difference 6(K) is fed from the coherence differ-
ence sender 24 to the WF adapter 30. The subject to be
processed is in turn updated (step S203) to repetitively pro-
ceed to the processing operations described so far.

The operation of the WF adapter 30 will be described with
reference to FIG. 9, which is a flowchart useful for under-
standing the operation of the WF adapter 30.

When the coherence difference receiver 31 receives the
coherence COH (K) and the coherence difference 6(K) in step
S250, the background noise section detector 32 determines
whether or not the coherence COH(K) is substantially smaller
than the threshold value ® and the coherence difference 6(K)
is smaller than the threshold value ®(<0.0), in other words,
whether or not the temporal section to which the subject
signal belongs is a background noise section (step S251). Ifit
is determined as a background noise section, the WF coeffi-
cient adapter 33 obtains a noise characteristic from the signals
in this noise section to calculate a new Wiener filter coeffi-
cient (step S252). Otherwise, the adapter 33 does not obtain a
new Wiener filter coefficient (step S253). The new Wiener
filter coefficient WF_COEF({, K) is supplied from the WF
coefficient sender 34 to the WF coefficient multiplier 17 so as
to update the Wiener filter coefficient set in the multiplier 17
(step S254).

In summary, according to the illustrative embodiment, the
feature that coherence is smaller especially in background
noise sections is utilized to detect sections purely including
background noise among untargeted voice sections, and only
the feature of the background noise is used for calculation of
the Wiener filter coefficient. Signal sections adapted for the
voice switch and the Wiener filter can thus be detected using
a single parameter, i.e. coherence, thus making it possible to
properly use both of the voice switch and the Wiener filter.
The problem raised in the prior art that targeted voice was
distorted by a Wiener filter coefficient on which the charac-
teristics of disturbing voice are reflected can be overcome.
Furthermore, optimum sections can be detected without
introducing multiple voice section detecting schemes. Hence,
the amount of calculation can be prevented from increasing. It
is not necessary to adjust plural parameters of different char-
acteristics. The burden on the user of the system can be
prevented from increasing.

A telecommunications device or system such as a video
conference system or cellular phone system comprised of the
voice signal processor of the illustrative embodiment may
advantageously be improved in the quality of telephone com-
munications.

Next, an alternative embodiment of the present invention
will be described by referring further to FIGS. 10 and 11. The
embodiment shown in FIG. 1 is adapted to discriminate the
background noise sections from the untargeted voice sections
to estimate the Wiener filter coefficient. Thus, the coefficient
can accurately be estimated. However, the coefficient may be
estimated less frequently. This would take a long time until
sufficient noise suppressing performance is attained so as to
render the user of the system exposed to the unfavorable
circumstances of sound quality.
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The WF adapter according to the alternative embodiment
comprises a coefficient adaptation rate controller 38, FIG. 10.
The reflection of characteristics of background noise on the
Wiener filter coefficient is changeable in such a fashion that
immediately after the start of adaptive operation the charac-
teristic of the instantaneous background noise will immedi-
ately be reflected on the coefficient and thereafter its reflec-
tion on the coefficient will be reduced.

The voice signal processor according to this alternative
embodiment may be similar to the voice signal processor 1
according to the illustrative embodiment shown in and
described with reference to FIG. 1 except for the details of
configuration and operation of the WF adapter 30A, FIG. 10.
Therefore, only the WF adapter 30A of the alternative
embodiment will be described.

FIG. 10 is a schematic block diagram of the WF adapter
30A ofthis alternative embodiment, particularly showing the
configuration of the adaptation portion 30A. As shown in the
figure, the WF adapter 30A has a coefficient adaptation rate
controller 35 in addition to the coherence difference receiver
31, background noise section detector 32, WF coefficient
adapter 33A and WF coefficient sender 34, which are inter-
connected as depicted. Like components or elements are des-
ignated with the same reference numerals, and a repetitive
description thereon will be avoided.

The coefficient adaptation rate controller 35 is adapted to
count the number of temporal sections determined as back-
ground noise sections and sets the value of a parameter A that
is used to control to which extent the noise characteristics of
the subject background noise section reflects on the Wiener
filter coefficient according to whether or not the obtained
count is substantially smaller than a predetermined threshold
value.

If the result of the determination made by the background
noise section detector 32 is that the temporal section under
determination is not a background noise section, then the WF
coefficient adapter 33A will not calculate a new Wiener filter
coefficient and the signal X1(f, K) will be multiplied with the
Wiener filter coefficient obtained from the signals in the pre-
ceding background noise section. If the result of the determi-
nation made by the background noise section detector 32 is
that the temporal section under determination is a background
noise section, then the adapter 33A will make use of the
parameter A received from the coefficient adaptation rate
controller 35 to estimate in computation a new Wiener filter
coefficient.

The role of the parameter A will now briefly be described.
A Wiener filter coefficient may be obtained by a calculation
according to the expression disclosed in Klein.

Prior to this calculation, background noise characteristics
have to be calculated for each frequency. Background noise
may be estimated using the expression disclosed in Klein.
The parameter A assumes values from 0.0 to 1.0, inclusive,
and acts to control how much the instantaneous input value is
reflected on the background noise characteristic.

As the parameter A is increased, the effect of the instanta-
neous input becomes more intensive. Conversely, as the
parameter decreases, the effect of the instantaneous input
becomes less intensive. Accordingly, when the parameter A is
larger, the instantaneous input is more strongly reflected on
the Wiener filter coefficient, and it is thus possible to promptly
adapt the Wiener filter coefficient to the background noise.
However, since the effect of the instantaneous input is strong,
the coefficient value remarkably varies so as to deteriorate the
naturalness of sound quality. Conversely, when the parameter
A is smaller, the prompt reflection of the instantaneous input
cannot be achieved but the obtained coefficient is not greatly
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affected by the instantaneous characteristics, and past noise
characteristics are reflected averagely. Thus, the coefficient
does not vary greatly so that the naturalness of sound quality
may be maintained.

Since the parameter A behaves as described so far, high-
speed erasing performance can be accomplished by setting
larger the parameter A immediately after the start of the adap-
tive operation. After some period of time has lapsed, the
parameter A is set smaller. As a result, natural sound quality
can be accomplished. The operation ofthe WF adapter 30A of
the instant embodiment has briefly been described thus far.

The operation of the coefficient adaptation controller 35
will be described with reference to the flowchart shown in
FIG. 11.

First, based on the result of the decision made by the
background noise section detector 32, the coefficient adapta-
tion controller 35 makes a decision on whether or not the
temporal section being checked is a background noise section
(step S300). If the decision reveals the temporal section is a
background noise section, then the counter value is incre-
mented by one n(K) in order to determine whether or not the
background noise section occurred immediately after the start
of the adaptation operation (step S301). Otherwise, the
counter value n(K) is not incremented. Then, the counter
value n(K) is compared with a threshold value T, where T is a
positive integer, for an initial adaptation time to make a deter-
mination on whether or not the background noise section
occurred immediately after the start of the adaptation opera-
tion. If the counter value n(K) is less than the threshold value
T, it is determined that the background noise section occurred
immediately after the start of the adaptation operation for the
Wiener filter coefficient. If the value is equal to or greater than
the threshold value T, it is determined that the background
noise section did not occur immediately after the start of the
adaptation operation (step S302). If the background noise
section is determined as one having occurred immediately
after the start of the adaptation operation, then the parameter
A is set to a larger value in order to reflect the noise charac-
teristic of the subject background noise on the Wiener filter
coefficient promptly (step S303). If that is not the case, the
parameter A is set to a smaller value to suppress the reflection
of the noise characteristic of the subject background noise
(step S304).

According to the alternative embodiment, immediately
after the start of the adaptation operation, the Wiener filter
coefficient is quickly adapted to background noise so that
high-speed noise suppression may be accomplished. Further-
more, after a lapse of some period of time, the influence of
background noise at the time on the Wiener filter coefficient is
reduced, so that excessive adaptation to instantaneous noises
can be prevented. Thus, natural sound quality may be main-
tained.

Improvement may thus be expected on the sound quality of
telephone communications in a telecommunications system
or device such as a video conference system or cellular phone
system exploiting the voice signal processor of the instant
alternative embodiment.

Next, another alternative embodiment of voice signal pro-
cessor according to the present invention will be described
with reference to FIG. 12. A voice signal processor 1B
according to the present alternative embodiment may be simi-
lar in configuration to the embodiment shown in FIG. 1 except
that a coherence filter configuration is added.

A coherence filter is adapted to multiply an input signal
X1(f, K) by an obtained coherence “coef(f, K)” so as to
suppress components of the signal incoming not from the
front but from the left or right with respect to the microphone.
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FIG. 12 is a schematic block diagram showing the configu-
ration of the voice signal processor 1B associated with this
alternative embodiment. Again, like components or elements
are designated with the same reference numerals.

In FIG. 12, the voice signal processor 1B according to this
alternative embodiment may be similar in configuration to
that of the embodiment shown in FIG. 1 except that a coher-
ence filter coefficient multiplier 40 is added and that the WF
coefficient multiplier 173 is slightly modified in operation.

The coherence filter coefficient multiplier 40 has its one
input port supplied with coherence “coef(f, K)” from the
coherence calculator 13. The multiplier 40 also has its other
input port supplied with an input signal X1(f, K) converted in
the frequency domain from the FFT processor 10. The mul-
tiplier 40 multiplies both of them with each other by means of
the following Expression (10) to thereby obtain a coherence-
filtered signal RO(f, K).

RO, K)=X1(f,K)xcoef(f,K)

The WF coefficient multiplier 17B of this embodiment
multiplies the coherence-filtered signal RO(f, K) by the
Wiener filter coefficient WF_COEF(f, K) from the WF
adapter 30 as given by the following Expression (11), thus
obtaining a Wiener-filtered signal P(f, K).

10)

P(K)=RO(fK)xWF_COEF(fK) an

The subsequent processing performed by the IFFT proces-
sor 18 and VS gain multiplier 19 may be the same as the
embodiment shown in FIG. 1.

The present alternative embodiment has the coherence fil-
tering function thus added. That makes higher noise suppress-
ing performance attained than that of the embodiment shown
in and described with reference to FIG. 1.

Another alternative embodiment of voice signal processor
according to the present invention will be described with
reference to FIGS. 13 and 14. The voice signal processor 10
according to this alternative embodiment may be similar in
configuration to the embodiment shown in FIG. 1 except that
a frequency reduction is added to reduce noise by subtracting
a noise signal from an input signal.

FIG. 13 is a schematic block diagram showing the configu-
ration of the voice signal processor 10 associated with this
alternative embodiment. Again, like components and ele-
ments are designated with the same reference numerals.

With reference to FIG. 13, the voice signal processor asso-
ciated with this embodiment may be similar in configuration
to the embodiment shown in FIG. 1 except that a frequency
reducer 50 is added and that the WF coefficient multiplier 17C
is slightly modified in operation. The frequency reducer 50
has a third directional signal generator 51 and a subtractor 52,
which are interconnected as illustrated.

The third directional signal generator 51 is connected to be
supplied with two input signals X1(f, K) and X2(f, K) trans-
formed in the frequency domain from the FFT processor 10.
The third directional signal generator 51 is adapted to form a
third directivity signal B3(f, K) complying with a directivity
pattern that is null in the front as shown in FI1G. 14. The third
directivity signal B3(f, K), i.e. noise signal, is in turn con-
nected to one input, or subtrahend input, of the subtractor 52,
which has its other input, or minuend input, connected to
receive an input signal X1(f, K) transformed in the frequency
domain. The subtractor 52 is adapted to subtract the third
directivity signal B3(f, K) from the input signal X1(f, K)
according to the following Expression (12) to thereby obtain
a frequency-reduced signal R1(f, K).

R1(f,K)=X1(,K)-B3(f.K) 12)
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The WF coefficient multiplier 170 of this alternative
embodiment multiplies the frequency-reduced signal R1(f,
K) by the Wiener filter coefficient WF_COEF(f, K) fed from
the WF adapter 30 according to the following Expression (13)
to thereby obtain a Wiener filtered signal P(f, K).

P(FK)=R1({K)xWF_COEF(fK) (13)

The subsequent processing performed by the IFFT proces-
sor 18 and VS gain multiplier 19 may be the same as the
illustrative embodiment shown in FIG. 1.

According to the current alternative embodiment shown in
FIG. 13, the frequency reducing function is added, thus
accomplishing higher noise suppression.

The present invention may not be restricted to the above
illustrative embodiments. Rather, modified embodiments as
exemplified below are also possible.

As can be seen from the description of the above embodi-
ments, two kinds of noise suppressing schemes, i.e. a voice
switch and a Wiener filter, are used in the above embodi-
ments. The above-described embodiments are specifically
featured by extracting temporal sections consisting only of
background noise based on the coherence. This feature espe-
cially contributes to improvement of the Wiener filter perfor-
mance. Accordingly, the invention may also be applied to a
voice signal processor introducing only a Wiener filter as a
noise suppressing scheme. One example of a voice signal
processor having only a Wiener filter as a noise suppressing
scheme may be designed by eliminating the gain controller 15
and the VS gain multiplier 19 from the configuration shown in
FIG. 1.

In the above-described embodiments, temporal sections
consisting only of background noise among determined
untargeted voice sections are detected based on the difference
d(K) between the instantaneous value COH (K) of the coher-
ence and the long-term average value AVE_COH (K) of the
coherence. Temporal sections consisting only of background
noise may also be detected according to the magnitude of the
variance or standard deviation of the coherence. The variance
of the coherence indicates the deviation of instantaneous
values COH(K) of the coherence from the average value of a
given number of the newest instantaneous values of the coher-
ence, and thus can be a parameter indicating the behavior of
the coherence in the same way as the coherence difference.

The coherence filter shown in FIG. 12 and the frequency
reducer shown in FIG. 13 may both be added to the embodi-
ment shown in FIG. 1.

Still alternatively, at least either of the coherence filter and
the frequency reducer may be added to the configuration of
the embodiment shown in and described with reference to
FIGS. 10 and 11.

In the embodiment shown in FIGS. 10 and 11, the adapta-
tion rate is switched between two levels according to the value
of the parameter A. By setting plural threshold values, the
influence of instantaneous background noise on the Wiener
filter coefficient may be adjusted at three or more levels
according to the values of the parameter A corresponding to
the threshold values.

Regarding the targeted voice section detector, the WF
adapter in the above-described embodiments makes a deci-
sion based on coherence on whether or not the temporal
section of interest is a targeted voice section. Alternatively,
the decision may be made on another component on behalf of
the WF adapter so that the WF adapter can only utilize the
result ofthe detection. The term “targeted voice section detec-
tor”, particularly set forth in the following claims, may be
comprehended as any component which makes a decision
based on coherence on whether or not the temporal section is
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a targeted voice section. Thus, when the WF adapter is
adapted to make the decision, the targeted voice section
detector in the claims may be comprehended as the WF
adapter. When the WF adapter only utilizes the result of the
detection made by an external, targeted voice section detec-
tor, this external detector may be comprehended as the tar-
geted voice section detector.

In the above-described embodiments, the voice switch pro-
cessing is performed after having performed the Wiener filter
processing. These two types of processing may be reversed in
order.

In the above illustrative embodiments, the input signals in
the time domain may be transformed into the signals in the
frequency domain to be processed. If desired, a system may
be adapted to process signals in the time domain. Conversely,
processing of signals in the time domain may be replaced by
processing of signals in the frequency domain.

The above-described illustrative embodiments are adapted
to a voice signal processor that processes signals immediately
when picked up by a pair of microphones. Sound signals to be
processed in accordance with the present invention may not
be restricted to this type of signal. For instance, the voice
signal processor may be adapted to process a pair of stereo-
phonic sound signals read out from a recording medium.
Further, the processor may be adapted to process a pair of
sound signals sent from opposite devices.

The entire disclosure of Japanese patent application No.
2011-198728 filed on Sep. 12, 2011, including the specifica-
tion, claims, accompanying drawings and abstract of the dis-
closure is incorporated herein by reference in its entirety.

While the present invention has been described with refer-
ence to the particular illustrative embodiments, it is not to be
restricted by the embodiments. It is to be appreciated that
those skilled in the art can change or modify the embodiments
without departing from the scope and spirit of the present
invention.

What is claimed is:

1. An apparatus for suppressing a noise component of an
input voice signal, comprising:

a hardware computing device; and

a storage medium having program instructions stored

thereon, execution of which by the hardware computing

device causes the apparatus to provide functions of:

a first directivity signal generator forming a first direc-
tivity signal having a directivity pattern substantially
being null in a first direction, using first and second
input signals that correspond to a plurality of signals
in a temporal section;

a second directivity signal generator forming a second
directivity signal having a directivity pattern substan-
tially being null in a second direction, using the first
and second input signals that correspond to the plu-
rality of signals in the temporal section;

a coherence calculator using the first and second direc-
tivity signals to obtain a coherence value;

a targeted voice section detector determining, based on
the coherence value, whether the temporal section is a
targeted voice section, in which the plurality of sig-
nals arrive from a targeted direction, or an untargeted
voice section, in which the plurality of signals arrive
from an untargeted direction different from the tar-
geted direction;

a coherence behavior calculator maintaining an average
of all coherence values determined to correspond to
the untargeted voice section, and upon detecting that
an instantaneous coherence value obtained by the
coherence calculator corresponds to the untargeted
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voice section, obtaining a difference between the
instantaneous coherence value and the average;
a Wiener filter (WF) adapter
comparing the difference obtained in said coherence
behavior calculator with a predetermined thresh-
old, and
upon detecting that the difference is smaller than the
threshold, determining that the temporal section is
a background noise section that substantially con-
tains no voice signal, and using signal characteris-
tics of the signals in the background noise section
to update a WF coefficient; and
a WF coefficient multiplier multiplying the first input
signal by the WF coefficient from the WF adapter.

2. The apparatus in accordance with claim 1, wherein said
coherence behavior calculator calculates the difference
between a newest instantaneous coherence value correspond-
ing to the untargeted voice section and an average value ofthe
coherence values calculated using previous input signals to
obtain the difference.

3. The apparatus in accordance with claim 1, wherein said
coherence behavior calculator calculates a variance value
found from a predetermined number of newest instantaneous
ones of the coherence values to form the difference.

4. The apparatus in accordance with claim 1, wherein said
WF adapter makes a decision on whether or not the back-
ground noise section is detected immediately after start of
detection of the background noise section to update the WF
coefficient.

5. The apparatus in accordance with claim 1, further com-
prising a voice switch processor multiplying each of the plu-
rality of signals in a stage of processing by a gain having a
value dependent upon whether the temporal section is a tar-
geted voice section or an untargeted voice section to thereby
suppress noise.

6. The apparatus in accordance with claim 1, further com-
prising a coherence filter having a filter characteristic set to
the coherence value obtained by said coherence calculator
and multiplying the first input signal in a stage of processing
by the coherence value to suppress a component of the first
input signal in the untargeted direction.

7. The apparatus in accordance with claim 1, further com-
prising:

a frequency reducer comprising a third directivity signal
generator producing a third directivity signal having a
directivity pattern substantially being null in a third
direction; and

a subtractor subtracting the third directivity signal from the
first input signal in a stage of processing.

8. The apparatus of claim 1, wherein the coherence calcu-

lator calculates the coherence value using

M-1
COH = Z coef () M,
=0

COH is the coherence value,

B -B *
coef(f):l |BL(f)-B2(f)']

5B (PP +1B2(A1)

B, () and B,(f) are respectively the first and second input
signals,
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B,(®)* is a complex conjugate of B,(f), and

M is a maximum of frequency f.

9. A method for suppressing a noise component of an input
voice signal by a voice signal processor, the voice signal
processor including

a hardware computing device, and

a storage medium having program instructions stored

thereon, execution of which by the hardware computing

device causes the voice signal processorto provide func-

tions of a signal generator, a coherence calculator, a

targeted voice section detector, a coherence behavior

calculator, a Wiener filter (WF) adapter and a WF coef-

ficient multiplier, said method comprising:

forming, by the hardware computing device via the
function of'the signal generator, a first directivity sig-
nal having a directivity pattern substantially being
null in a first direction, using first and second input
signals that correspond to a plurality of signals in a
temporal section;

forming, by the hardware computing device via the
function of the signal generator a second directivity
signal having a directivity pattern substantially being
null in a second direction, using the first and second
input signals that correspond to the plurality of signals
in the temporal section;

using the first and second directivity signals by the hard-
ware computing device via the function of the coher-
ence calculator to calculate a coherence value;

determining, by the hardware computing device via the
function of'the target voice section detector, based on
the coherence value, whether the temporal section is a
targeted voice section, in which the plurality of sig-
nals arrive from a targeted direction, or an untargeted
voice section, in which the plurality of signals arrive
from an untargeted direction;

maintaining an average of all coherence values deter-
mined to correspond to the untargeted voice section,
and upon detecting that an instantaneous coherence
value calculated by the coherence calculator corre-
sponds to the untargeted voice section, obtaining a
difference between the instantaneous coherence value
and the average by the hardware computing device via
the function of the coherence behavior calculator;

comparing, by the hardware computing device via the
function of the WF adapter, the difference with a
predetermined threshold, and upon detecting that the
difference is smaller than the threshold, determining
that the temporal section is a background noise sec-
tion that substantially contains no voice signal, and
using signal characteristics of the signals in the back-
ground noise section to calculate a new WF coeffi-
cient;

updating a WF coefficient when the new WF coefficient
is obtained; and

multiplying the first input signal by the WF coefficient
by the hardware computing device via the function of
the WF coefficient multiplier.

10. The method of claim 9, wherein the coherence value is
calculated using

M-1
COH = Z coef () M,
=0
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COH is the coherence value,

coef (= VLB

5B (PP +1B2£ 1)

B, () and B,(f) are respectively the first and second input

10 signals,

B,(®)* is a complex conjugate of B,(f), and

M is a maximum of frequency f.

11. A non-transitory computer-readable medium on which
is stored a program for having a computer operate as a voice
signal processor, wherein said program, when running on the
computer, controls the computer to function as:

—_
w

a first directivity signal generator forming a first directivity
signal having a directivity pattern substantially being
null in a first direction, using first and second input
signals that correspond to a plurality of signals in a
temporal section;

20

a second directivity signal generator forming a second
directivity signal having a directivity pattern substan-
tially being null in a second direction, using the first and
second input signals that correspond to the plurality of
signals in the temporal section;

25

a coherence calculator using the first and second directivity
signals to obtain a coherence value;

atargeted voice section detector determining, based on the
coherence value, whether the temporal section is a tar-
geted voice section, in which the plurality of signals
arrive from a targeted direction, or an untargeted voice
section, in which the plurality of signals arrive from an
untargeted direction different from the targeted direc-
tion;

30

35

a coherence behavior calculator maintaining an average of
all coherence values determined to correspond to the
untargeted voice section, and upon detecting that an
instantaneous coherence value obtained by the coher-
ence calculator corresponds to the untargeted voice sec-
tion, obtaining a difference between the instantaneous
coherence value and the average;

a Wiener filter (WF) adapter
comparing the difference obtained in the coherence

behavior calculator with a predetermined threshold,
and

45

upon detecting that the difference is smaller than the
threshold, determining that the temporal section is a
background noise section that substantially contains
no voice signal, and using signal characteristics of the
signals in the background noise section to update a
WF coefficient; and

a WF coefficient multiplier multiplying the first input sig-
nal by the WF coefficient from the WF adapter.
12. The non-transitory computer-readable medium of
claim 11, wherein the coherence calculator calculates the
coherence value using

50
55

60

M-1

COH = Z coef () M,

65 =



US 9,426,566 B2
19 20

COH is the coherence value,

coef (= VL B

1B (PP +1B2( )}

B, (®) and B,(f) are respectively the first and second input
signals,

B,(®)* is a complex conjugate of B,(f), and

M is a maximum of frequency f.
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